Interaural coherence is used to quantify the effects of reverberation on speech, and previous studies applied the conventional method using all previous time data in the form of an infinite impulse response filter to estimate interaural coherence. To consider a characteristic of speech that continuously changes over time, this paper proposes a new method of estimating interaural coherence using time data within a finite length of speech, which is called the quasisteady interval. The length of the quasi-steady interval is determined with various frequency bands, reverberation times, and short-time Fourier transform (STFT) variables through numerical experiment, and it decreased as reverberation time decreased and the frequency increased. In this interval, a diffuse speech, which is an infinite sum of reflected speeches of different propagating paths, is uncorrelated between two microphones apart from each other; thus, the coherence is close to zero. However, a direct speech measured at the two microphones has steady amplitude and phase difference in this internal; thus, the coherence is close to one. Moreover, the new method is the form of a finite impulse response filter that has a linear phase delay or zero phase delay with respect to speech to frequency; thus, the same or zero time delay for each frequency is applied to the power spectral density. Therefore, the coherence estimation of the new method is closer to the ideal value than the conventional one, and the coherence is accurately estimated at the time-frequency bins of direct speech, which is time-varying according to speech variation.
Introduction
In a real situation, influences of the surrounding environment, such as multiple speakers, external noise sources, reverberation, etc., distort target speech information such that the performance of speech recognition methods get worse [1] . Among the causes of speech distortion, multiple speakers and external noise sources are additive noises, which have a low correlation with the target speech, making it easy to extract information about the target speech. Reverberation, on the other hand, is convolutive noise caused by the sound waves reflected by the surrounding walls or objects. In reverberant speech, both direct speech and reverberation, which is attenuated direct speech with a time delay, are involved. The reverberant speech has a high correlation with target speech; hence, it is difficult to extract the target information. Thus, the performance of speech separation decreases because the reverberation changes the amplitude and phase of time-frequency bins of direct speech [2, 3] ; moreover, speech recognition performance is also degraded.
On the other hand, humans recognize speech accurately even in real reverberant environments. In the human hearing system, a direct source and early reflections are emphasized, and late reflections are suppressed, which is called the precedence effect [4] [5] [6] . By implementing the precedence effect with a computational algorithm based on the relationship between reverberation and interaural coherence (IC), previous studies attempted to solve reverberation problems. The ideal coherence between signals obtained from two microphones for the diffuse source reflected off the walls can be represented in the form of a square value of the sinc function in the frequency domain [7, 8] . If the two microphones are apart far enough, the IC appears close to zero for diffuse sources and close to one for direct sources at most frequencies. Based on these characteristics, the performance is improved by applying IC to the direction of arrival (DoA) estimation of the speaker [9] , speech, or source separation [10] and dereverberation [11] [12] [13] in a reverberation environment.
To get the best performance of the various speech preprocessing algorithms that use coherence, the estimated ICs of reverberant speech should match the ideal IC. Most of the algorithms [9] [10] [11] [12] [13] use the IC in the form of an infinite impulse response (IIR) filter in the calculation of power spectral densities. Due to recursive nature of the IIR filter, all of the past data have influence on the IC estimation, which may give an adversary effect on non-stationary speech data. Since the utterance changes continuously in speech, using all the past data will make coherence estimation different from the ideal coherence. Therefore, we propose a new IC estimation method of speech using a finite number of data in the form of a finite impulse response (FIR) filter to accurately estimate it close to the ideal IC. The optimal number of data required for estimating IC varies according to gender, frequency, and reverberation time; hence, the optimal IC estimation parameters should be determined by considering these factors. The performance of the proposed method is compared with that of the conventional IC estimation method through a numerical experiment using real speech data and measured room impulse responses.
The structure of this paper is organized as follows: Section 2 presents a new IC estimation method and theoretical validation of the proposed method. In Section 3, the optimal IC estimation parameters are determined based on gender, frequency, and reverberation time, and compared to the conventional IC estimation method for the estimation accuracy of IC. Section 4 and Section 5 present the discussion and conclusions, respectively.
Interaural Coherence Estimation for Reverberant Speech

Interaural Coherence
we assume that the speech at a specific speaker location is recorded using two microphones apart from each other, and each recording signal is ( ) and ( ). To analyze the speech signal in both the time and the frequency domain, short-time Fourier transform (STFT) using overlap is applied, and the time-frequency bin values of the two microphones for the -th time frame with frequency can be expressed as ( , ) and ( , ), respectively. The auto-and cross-power spectral density (PSD) of the two microphone signals is represented by Φ ( , )( , = 1,2). In this case, this value and the IC Γ ( , ) are defined as
It is hard to calculate accurate auto-and cross-PSD (i.e., Φ ( , )) using Equation (2) with finitelength ( , ) and ( , ). In previous studies [9] [10] [11] , the PSD was estimated by multiplying exponentially decaying weight and summing continuous time-frequency bins over time as
In this case, has a range of 0 ≤ ≤ 1. As a recursion formula, all the time-frequency bin information for the previous time affects the estimation of the PSD for the time frame . However, since the speech changes continuously over time, the equation using all previous data can estimate the inaccurate PSD. An incorrect IC may be provided, which can cause performance problems. In addition, the proposed method is calculated recursively using all speech bins, which can take more time. To solve these problems, this paper proposes a new IC estimation method using finite timefrequency bin data, and it is compared with the conventional method in terms of the estimation.
Interaural Coherence Estimation Using Finite Time-Frequency Bins
In digital signal processing, the PSD of a stationary time-domain signal ( ) is derived by ensemble averaging of ( , ) based on the assumption of the ergodic process, and this is called Welch's method [14] . Based on this method, the estimated PSD for a specific time n and frequency is calculated as follows by averaging + + 1 data for time ( , ≥ 0):
Here, T is the total length of the interval to apply averaging, and it is equal to + + 1. In the case of speech, it does not satisfy the ergodic process because it is an unsteady state that continually changes with time. Nevertheless, a speech signal within short time intervals can be almost steady, and it is called a quasi-steady-state signal in this paper. The number of time frames T is a quasi-steady-state interval of the speech signal, and it is applied to Equation (4) to estimate the correct PSD. Also, in the case of using finite data T , the uniform estimation method is applied to most timefrequency bins and provides accurate IC. Before estimating the PSD for a particular time frame , it is more quasi-steady for the interval close to for time; thus, we apply and as and estimate the accurate PSD using the bin data in the interval of 2 + 1.
By applying the IC based on the proposed PSD estimation from an anechoic to an echoic room, the theoretical validity is assessed. Firstly, we suppose that two microphones are used to record speech in an anechoic environment. Here, and have a phase difference of for all due to time delay according to the azimuth of the speaker, since only the direct speech exists. The estimated auto-and cross-PSD is expressed as
If ( ) is steady within the ensemble average interval T , | ( − , )| is constant for − ≤ ≤ , and the IC appears as one using Equations (5)- (7) . Conversely, if ( ) is unsteady, we get with different values of | ( − , )| for − ≤ ≤ , and the following inequality is satisfied:
The IC calculated based on Equation (8) appears to be less than 1. In the case of speech, it can be seen that the IC is very close to one when the ensemble averaging interval T is determined to be the same length as the quasi-steady interval.
Secondly, we suppose that two microphones are used to record speech with static locations of a speaker and two microphones in an echoic environment. When ( ) is a speech signal coming into the first microphone without reflection, the two microphone signals ( ) and ( ) are expressed as follows based on the image source method [15] :
and are the attenuation and time delay due to the distance and azimuth between the speaker and microphones, and and ( = 1,2) are the attenuation and time delay for the speech signal, respectively, reflected from the wall. Diffuse speech, the sum of the reflected speech except for the direct speech ( ) and ( − ), represents noise for the direct speech. To see only the effect of diffuse speech, we assume that ( ) and ( − ) for the interval T are quasisteady. Diffuse speech is an infinite sum of ( − ); thus, it also satisfies the quasi-steady state.
However, diffuse speech is a random signal compared to direct speech because the speech continues to change over time. Consequently, the coherence between two microphones is far from one due to the effect of reverberation, and it deteriorates as the energy of diffuse speech is greater than that of direct speech. This shows that the IC in an echoic environment is lower than that in an anechoic environment.
In summary, if direct speech is dominant, it is similar to an anechoic environment; thus, the IC is close to one. If there is only diffuse speech without direct speech, the IC appears near zero. Also, direct speech should be quasi-steady and diffuse speech is an almost random signal within the averaging interval T ; thus, the IC can quantify the effects of reverberation. However, contrary to the theory, the quasi-steady interval cannot be perfectly steady in real speech. To compensate for this, an exponentially decreasing weight away from the -th time frame is applied, and it estimates the PSD rather than giving the same weight in the interval as in Equation (4). The final proposed PSD estimation equation is as follows:
Here, is the decaying ratio, and it has a range of 0 < ≤ 1. Also, is a value to make the sum of weights equal to one; therefore, we can derive according to and from Equation (11b). Thus, it satisfies the following equation:
It is necessary to determine (or T ) and corresponding to the quasi-steady interval to estimate the accurate IC using Equation (11a). Based on the numerical experiment, the optimal T and are determined according to gender, frequency, and reverberation time. The proposed method is compared with the conventional IC estimation method to validate it.
Numerical Experiment and Results
As mentioned in the previous section, accurate estimated IC means that it is close to one for direct speech and zero for diffuse speech. Therefore, estimation accuracy is judged based on the IC values of the time-frequency bin with direct speech and the bins without direct speech for reverberation speech. The reverberant speech data used for verification were generated by convolution of the binaural room impulse response to utterances recorded in an anechoic environment. The anechoic utterance data included 4380 male and 1920 female utterances from the Texas Instruments/Massachusetts Institute of Technology (TIMIT) database spoken by 630 native American English speakers [16] . is the dataset was divided into a training set with 4620 utterances and a test set with 1680 utterances. The training set was used for determining the optimal T and , and the test set was used for performance comparison between the conventional and proposed methods. The binaural room impulse response was based on the Aachen Impulse Response (AIR) database [17] , which recorded impulse according to various reverberation environments and azimuth using a KEMAR dummy head. By selecting the binaural impulse response recorded in an office, stairway, and lecture room, reverberant speech with a sampling rate of 16 kHz was generated, and simulations were performed.
Evaluation Metric
For reverberant speech, the original speech is used to distinguish between bins with direct speech plus a relatively small amount of diffuse speech and bins with diffuse speech only. The time when the impulse starts from the impulse response corresponding to the specific reverberation environment is applied as a time delay to the original speech to align the start time of direct speech. STFT is applied to the time-aligned original speech, and a binary mask direct that suppresses the time-frequency bins lower than a threshold to reduce speech energy by 0.01 dB is determined. direct is a binary mask to suppress diffuse speech bins of reverberant speech. In contrast, a binary mask diffuse suppresses the time-frequency bins higher than the threshold. The perceptual evaluation of speech quality (PESQ) [18] between the original speech and direct applied original speech is about 4.0 compared to the maximum value of 4.5, which means that it extracts only direct speech. Thus, the IC values of direct plus a relatively small amount of diffuse speech and diffuse speech only are extracted by applying direct and diffuse to the IC of reverberant speech.
To quantify the estimation performance, the mean accuracy of coherence (MAC) is defined as the average value of similarity between the ideal coherence (one for direct speech only and zero for diffuse speech only) and the estimated IC. When the IC of reverberant speech is Γ ( , ) , the coherence accuracy of direct speech bin is set to Γ , and the coherence accuracy of diffuse speech bin is set to 1 − Γ . The MAC is calculated as
Because the IC ranges from 0-1, the MAC also ranges from 0-1, and the closer it is to one, the better the estimation performance is. T and , where direct and diffuse have minimum values, are optimal parameters. They are calculated by multiplying a binary mask for the frequency interval to determine the parameters according to frequency. MAC total is defined as
which was used to compare the overall performance and determine T and according to gender and frequency. The determined parameters were applied to the proposed method, and its performance was compared with that of the conventional estimation method.
Optimal Parameter Determination
Using the proposed IC estimation methods with MAC total , T and were analyzed according to gender and frequency in various reverberation environments with RT 60 . Numerical simulations were conducted to see the tendency of parameters according to gender, frequency, and reverberation time. In total, 3260 male and 1360 female speech samples of the training set were generated assuming a speaking situation in front of the dummy head in three different reverberation environments with 0.37 s, 0.69 s, and 0.79 s of RT 60 , as shown in Table 1 . STFT with a 25-ms Hamming window, 10-ms hop length, and 512-point fast Fourier transform (FFT), which are commonly used for general speech processing, was applied to the generated reverberant speech. First of all, to determine the T and for the male speech, MAC total was calculated at every 1-kHz interval for each STFT-applied 3260 reverberant male speech samples of the training set, and the parameters with the largest MAC total were determined to be optimal. Since the range of MAC total was different for each reverberant speech sample, to reduce the effect of different utterances, we calculated a histogram of the optimal parameters for each frequency interval. As an example, the histogram for the 3-4-kHz range of 3260 male speech samples in the reverberation environment of 0.37 s is shown in Figure 1 . The optimal T and values for each speech sample are distributed around the maximum point in the histogram. To determine the same IC estimation equation for various speech, we tried to determine the optimal parameters corresponding to the maximum point of the histogram. T = 7 and = 0.75 for the maximum point could be estimated to be the optimal parameters. Around the optimum value of T (= 7) and (= 0.7-0.8), the MAC total was insensitive with variation less than or equal to 0.0001, which is small. In the same way, the optimum T and of the 3260 male speech samples for a total of eight frequency intervals in three different reverberation environments were determined, and the results are shown in Figure 2 . With less reverberation and with 0.37 s of RT 60 , it is appropriate to use nine time-frequency bins at 0-1 kHz and seven bins at the other intervals, and decreased from about 0.8 to 0.5 as the frequency increased. As the effects of reverberation increased to 0.69 s and 0.79 s of RT 60 , T was nine or 11 bins and was 0.9 or 1.0. T for all frequency intervals increased as the reverberation time increased, but it can be seen that T had a higher value from 0 kHz to 4 kHz regardless of the reverberation.
had high and steady values with all frequencies in a high reverberation time environment, but it decreased as the frequency increased in 0.37 s and 0.69 s of RT 60 . This tendency according to frequency and reverberation time can be used to estimate the parameters of male speech in other reverberation environments.
Secondly, the same method based on the histogram was used to determine the parameters for the 1360 female speech samples. The results for optimal T and according to frequency and reverberation time are shown Figure 3 . For each of the three reverberation environments, the optimal parameter values for frequency were similar than those of the male samples, but the difference was that T appeared low and appeared high in the range of 0-4 kHz with 0.69 s of RT 60 . Since T represents the length of the quasi-steady interval and indicates how close the interval is to the steady state, this difference was not considered significant. Likewise, the parameters increased, and was steady for frequency with increasing RT 60 , while T tended to be relatively high at low frequencies. Therefore, it can be seen that there was no significant difference in the parameters according to gender, and we newly determined the optimal T and according to the reverberation environment and frequency using 4620 speech samples of the training set, as shown in Table 2 . It can be seen that the parameters using all speech samples had a consistent tendency and similar values for each gender. These optimal T and values were applied to the proposed method in this paper, and the performance was compared with that of the conventional IC estimation method. The parameters of the proposed method according to the frequency and reverberation environment were determined to estimate accurate IC in time-frequency bins with the STFT variables mainly used in speech processing. However, the time-frequency bins of the speech may change depending on the STFT variables (window, hop, and FFT length), and it should be checked that the proposed IC estimation method can achieve sufficient estimation performance even when various STFT variables are applied. Thus, the time-frequency bins with a 64-ms Hamming window, a 16-ms hop length, and 1024-point FFT for speech were used in the three different reverberant environments. T and are only related to the quasi-steady interval based on theoretical analysis, and they were not affected by gender in the previous numerical experiment. In this case, we rechecked that there was also no influence of gender; however, the details of rechecking results are skipped in this paper. The optimal parameters for each reverberation environment and frequency using the longer window, hop, and FFT length, as shown in Table 3 , were determined based on the averaged MAC total of the 4620 speech samples of the training set through the same process used for the previous numerical experiment. In the environment with 0.37 s of RT 60 , T was relatively high in the low frequency range. However, T showed a steady value of seven according to frequency in other reverberation environments, and also appeared constant according to frequency in the case of the largest reverberation. In comparison to the previous numerical experiment with short STFT variables, T was relatively small, and was largely changed by T because of the long window and hop lengths. Based on these optimal T and values, the estimation performance of the conventional method and the proposed method with the longer STFT length was also compared in this paper. 1.00 1.00 1.00 1.00 1.00 1.00 0.75
IC Estimation Performance Comparison with Conventional Method
By comparing the proposed method with the conventional method, we tried to confirm the validity of the algorithm and assumption based on the quasi-steady interval proposed in this paper. Before applying the conventional method, the IC estimation performance depends on ; thus, we compared the performance of conventional method according to with that of the proposed method using the specific parameters determined from previous simulations. In this numerical experiment, MAC total was also used to accurately compare the performance of estimation. MAC total was calculated by applying the proposed method to 1680 speech samples of the test set using STFT with a 25-ms Hamming window, 10-ms hop length, and 512-point FFT according to the reverberant environment. The MAC total for speech was averaged to compare the performance of the two methods numerically. By applying the proposed method in the same way as the conventional method, the averaged MAC total was calculated according to , and its results are represented by the solid lines in Figure 4 . The results of applying the previously determined T and to the proposed method are represented by the dotted lines. The averaged MAC total was a low value when was close to zero and one, which means that the IC of reverberant speech was inaccurately estimated. A large MAC total means a high IC estimation performance; therefore, for the maximum value of averaged MAC total , which is an indicator of overall performance used in determining T and , was the optimal value. It was 0.60 in 0.37 s of RT 60 , 0.50 in 0.69 s of RT 60 , and 0.25 in 0.79 s of RT 60 . In each reverberation environment, the maximum values of the averaged MAC total of the conventional method were 0.0008, 0.0255, and 0.0524 lower than the averaged MAC total of the proposed method with the optimal parameters. Thus, the estimation performance of the proposed method was better in each reverberation environment compared to the conventional method with optimal .
In the previous numerical experiment of determining parameters, T and with STFT using a longer window and longer hop lengths were determined. Based on these parameters, the performance of the proposed method was also compared with that of the conventional method using STFT with a 64-ms Hamming window, 16-ms hop length, and 1024-point FFT. The average MAC total according to was calculated for the same 1680 speech samples, and the results obtained for the conventional and proposed methods are shown in Figure 5 . They are similar to the results obtained using short STFT variables, and for the maximum of the averaged MAC total was the optimal value for the conventional method. It was 0.65 in 0.37 s of RT 60 , 0.40 in 0.69 s of RT 60 , and 0.25 in 0.79 s of RT 60 . In each reverberation environment, the maximum values of the averaged MAC total of the conventional method were 0.0236, 0.0494, and 0.0017 higher than the averaged MAC total of the proposed method with the optimal parameters. Therefore, when large STFT variables were applied, the conventional method achieved better performance for the environment with reverberation. Although the proposed method with the optimal T and had higher MAC total than the conventional method using STFT with 512-point FFT, the MAC total only represents the overall estimation performance of the IC. By comparing the ICs for each time-frequency bin of reverberation speech, we tried to identify the characteristics of the bins where each method accurately estimated the coherence. The IC estimation method was applied to an utterance with 0.79 s of RT 60 environment where the difference of the MAC total was largest.
Spectrograms of the clean speech and the reverberant speech using STFT with a 25-ms Hamming window, 10-ms hop length, and 512-point FFT are represented as (a) and (b) in Figure 6 . Due to the effect of reverberation, the time-frequency bins of the direct speech were not exactly known in the spectrogram of the reverberation speech. In this case, the clean speech was known; thus, the bins of the direct speech could be determined using it, and the binary mask of the direct speech is represented as (c) in Figure 6 . For the reverberant speech, the ICs were calculated by applying the proposed method and the conventional method, and each result was as shown in (d) and (e) of Figure  6 . It is difficult to visually compare the difference between the estimated coherences. To solve this problem, the difference in the coherence accuracy (Γ in the direct speech bins and 1 − Γ in the diffuse speech bins) of each method was calculated as shown in (f) of Figure 6 . If the difference of the coherence accuracy is greater than zero, the proposed method estimated the IC more accurately; otherwise, the conventional method estimated the IC more accurately. It can be seen that the lightcolored bins, which were larger than zero, almost matched the direct speech mask in (c). Among the figures, the difference in coherence accuracy was larger at the boundary between direct and diffuse speech bins. In most of the diffuse speech bins, the conventional method estimated the IC accurately. As a result, the proposed method accurately estimated the IC of the direct speech bins including the boundaries, but the conventional method accurately estimated the diffuse speech bins. 
Computation Time
Various speech preprocessing and speech recognition techniques are performed in real time; hence, a low computation time of IC estimation is required to add a coherence-based technique. The computation time was verified for 16-kHz speech samples with various lengths from 0 to 8 s and compared for the two IC estimation methods. The IC of the conventional method was calculated sequentially over time. Based on MATLAB, the average computation time was calculated 100 times for each speech length, and the results are shown in Figure 7 . Increasing the length of the applied speech increased the computation time, and the proposed method always showed less computation time. In this numerical experiment, the proposed method was found to be superior to the conventional method in terms of computation time, and as the speech became longer, the computation time difference also increased.
General Discussion
Using MAC total based on time-frequency bins with a 25-ms Hamming window, 10-ms hop length, and 512-point FFT, the optimal T and according to frequency were determined for each reverberation environment. Based on theoretical analysis with static locations of microphones and speaker, the direct speech has a steady value within the quasi-steady interval; thus, the IC of direct speech is close to one. The diffuse speech is an infinite sum of the reflected speech having a different propagating path; therefore, the diffuse speech between two microphones is uncorrelated in the quasi-steady interval, and the IC of diffuse speech appears close to zero. In a real environment, the speaker may move, or the position of the microphone may change. Equations (9) and (10) are expressions of reverberant speech in the interval of quasi-steady state, which was represented by 0.085-0.135 s in the simulation. Thus, when the motion of microphones and speaker is slow enough to be regarded as static in the quasi-state time scale, it is based on a proper assumption. However, the room impulse responses in the simulation were measured in the static environment, which are limited when showing the performance in the dynamic environment in this paper. To estimate the IC similar to the ideal coherence, the optimal T was the average quasi-steady interval of speech, and the IC estimation was inaccurate for the section beyond the quasi-steady state of speech. The optimal was the weight to compensate for the steady state in the quasi-steady interval; thus, an increase in the optimal can also be seen as an increase in the quasi-steady interval length. Since the fundamental frequency differs according to gender, we assumed that the optimal parameters according to gender would differ, but this was not shown in the numerical experiment. This means that the quasi-steady interval is independent of gender, and gender was not considered when determining the optimal parameters.
In contrast, the variation in optimum parameters according to frequency was shown. The optimal T and decreased as the frequency increased, and this tendency of the optimal was not shown in the case of high RT 60 . In real human speech, unvoiced sound is mainly distributed in high frequency, voiced sound is distributed in low frequency, and unvoiced sound is usually shorter than voiced sound. The quasi-steady state for unvoiced sound is shorter than that for voiced sound; hence, the quasi-steady state appears shorter at high frequency, which is the same as the tendency of the optimum parameters. This result is consistent with the theoretical analysis that the IC estimation should be applied within the quasi-steady interval. In addition, we assumed that the length of the quasi-steady state was constant according to speech regardless of the reverberation environment, but the optimal T and increased, and was close to one as the RT 60 increased in the numerical experiment. This means that the quasi-steady interval became longer as RT 60 increased, and the quasi-steady interval included not only direct speech but also reflections, which had a small time delay with direct speech and similar energy to that of direct speech. Moreover, it was difficult to accurately distinguish between direct and diffuse speech; thus, the IC became inaccurate, and the overall MAC total increased as RT 60 increased from 0.37 s to 0.79 s using the optimal parameters, as in the numerical experiment. To sum up, for the proposed IC estimation method, it is appropriate to calculate along the quasi-steady interval; therefore, T and should decrease as the frequency increases, and too large a value of RT 60 causes incorrect estimation of the IC.
The length of the quasi-steady interval was constant in the same reverberation environment, but the optimal T became smaller when a longer window and a longer hop length were applied. In the quasi-steady interval for 0.79 s of RT with the same as one, the time interval length of seven spectrogram bins with a 25-ms window was 85 ms, but the time interval of nine spectrogram bins with a 64-ms window was 192 ms; thus, the IC was estimated for the longer time interval. The estimation performance was relatively low when larger STFT variables were applied in the numerical experiment, which means that the calculated time interval was longer than the quasi-steady interval, and it provided incorrect IC values. The reason for the different quasi-steady intervals is that it was difficult to represent time-frequency bins of the same length as the quasi-steady interval for speech as the STFT variables became larger. On the contrary, the conventional method was affected only by the hop length because all the previous data were used; hence, the optimal appeared constant regardless of the STFT variable based on the short difference in the hop length of 6 ms. Therefore, it is very important to apply the IC estimation method proposed in this study within the timefrequency bins that match the accurate quasi-steady interval length, whereas the conventional method is not affected by window length.
The performance of the conventional method and the proposed method was determined by MAC total , and the proposed method had 0.0008, 0.0255, and 0.0524 higher MAC total than the conventional method with the optimal when the STFT variables, which are mainly used in speech processing, were applied. The reason for this result can be elicited from the PSD estimation equation. The conventional estimation equation, which uses all the previous time data, is similar to a type of IIR filter that shows a nonlinear phase delay with respect to the frequency and distortion in comparison with the original signal. Thus, the conventional method also estimates PSD by applying an IIR filter to * , resulting in distortion in comparison to reverberation speech. The proposed method in this paper is an FIR filter type that shows a linear phase delay or zero phase delay with respect to the frequency and no distortion. The estimation of the PSD using the proposed method does not lead to distortion of the PSD; thus, it provides more accurate IC.
However, in the previous numerical experiment, the proposed method accurately estimated the IC of the direct speech, but it had worse IC estimation performance of diffuse speech compared to the conventional method. This means that applying the calculation within a finite interval, as in the proposed method, was suitable for direct speech but not for diffuse speech. The FIR filter form of the proposed method with quasi-steady interval compensated for the problem of speech that is continuously varying over time; thus, it was possible to accurately estimate the IC of the direct speech. Also, it quickly reflected changes of speech; thus, the boundary bins between the direct and diffuse speech with the proposed method had more accurate IC than the conventional method. In a high-RT environment, the energy of diffuse speech decreased slowly with respect to time; therefore, diffuse speech was also quasi-steady within the quasi-steady interval of direct speech. Since the IC of diffuse speech can appear close to one when the proposed method recognizes diffuse speech as direct speech, the estimation performance for diffuse speech was lower than that of the conventional method, as shown in the test experiment. Nevertheless, the IC of direct speech was more accurately estimated, and the overall performance was improved. Moreover, the computation time between the proposed and conventional methods was compared according to speech length. In the calculation of proposed coherence, all the computation was done in a parallel manner simply by batch multiplication of all recorded speech data with filter weights. On the other hand, in the conventional method using the IIR filter in Equation (3), both speech data and past PSD were required in a recursive fashion. Hence, the computation was sequential, which took more time compared to the proposed method.
Conclusions
This paper proposed an IC estimation method that applies the exponential weight with to T time-frequency bins of the same length as the quasi-steady interval of speech and mean accuracy of coherence (MAC) to quantify estimation performance. The optimal T and according to gender, frequency, and reverberation time were determined, but the results showed that gender does not affect optimal parameters. The speech characteristics change according to age and language; thus, the effects of age and language especially in correlation with their spectrograms need to be investigated. The optimal T and values were determined as the maximum point of the histogram with MAC total in specific reverberation environments with 0.37 s, 0.69 s, and 0.79 s of RT . The optimal parameters for only specific reverberation environments were proposed in this paper. However, based on the theoretical analysis and the tendency of the numerical experiment results, the optimal parameters in any reverberation environment can be determined as T and with small values at high frequency and low reverberation time. The IC estimation of reverberant speech with STFT variables, which are mainly used for speech processing, using the proposed method with optimal parameters showed 0.0008, 0.0255, and 0.0524 larger MAC total than the conventional method; thus, the proposed method achieved better estimation performance. While the conventional method is in the form of an IIR filter, the proposed method is in the form of an FIR filter; therefore, it provides the accurate IC with less distortion of the estimated PSD and less computation time. However, the FIR filter needs more coefficients and, therefore, it may require more computations than the IIR filter. In the simulations, the difference in IC estimation performance was small, but intensive improvement was found in the vicinities of the border between direct and diffused speech, which implies that the proposed method has advantage in the rapid change of speech data because past data do not affect current PSDs in the FIR filter. On the other hand, the estimation performance for diffuse speech was degraded compared to the conventional method. Some diffuse speech bins have lower energy than direct speech bins. Since the importance of the coherence estimation accuracy for these bins is small, the proposed method that estimates direct speech more accurately is more suitable.
